METHOD FOR DIVERTING AN ISUP TALKPATH TO AN IP TALKPATH 



Background 

The present invention relates to improving the sound quality of voice signals 
transmitted during a call between two digital wireless telephones. More particularly, 
the present invention relates to a method for diverting a wireless telephone call from a 
circuit switched network to a data network before the call is answered if the called 
party's digital wireless telephone is able to support one of the voice compression 
algorithms supported by the calling party's digital wireless telephone and if both 
digital wireless telephones have access to the same data network. 

Cunently, many telephone calls from one digital wireless party to another 
digital wireless party are pKxjessed through a circuit switched network such as the 
public switched telephone network (PSTN). One example of such a telephone call 
may be illustrated by analyzing the process of completing a telephone call fiom a 
wireless party on the east coast of the United States to a wireless party on the west 
coast. 

First, the east coast wireless party dials the west coast wireless party's 
telephone number using their digital wireless telephone's keypad. When the number 
is dialed, the east coast party's digital wireless telephone uses a line control signaling 
technique, such as American National Standards Institute- 136 (ANSI-136) to fonn a 
call request message. The east coast party's digital wireless telephone then transmits 
this line control signaling call request message through the air to a cell site (also 
referred to as a "base station") which serves the geographic region where the east 
coast party's wireless telephone is cunently located and registered. This east coast 
cell site sends the line control signaling call request message to the east coast party's 
line/network interfile switch (referred to as a "mobile switching center*' (MSC) in the 
context of wireless communication systems) via dedicated circuits. 

Next, the east coast MSC uses a networic control signaling technique such as 
Integrated Digital Service Networic User Part (ISUP) to reformat the line control 
signaling call request message into a circuit control signaling call request message 
and send this circuit control signaling call request message along a "signaling path" of 
network switches within the PSTN to an MSC on the west coast which is assigned to 
the west coast party. As the circuit control signaling call request message travels 
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along this "signaling path," Various and intermediate network switches contribute a 
'*talkpath" of circuits from the east coast MSC to the west coast MSC. The "talkpath' 
will be utilized to send voice signals through the PSTN once the call set up is 
completed. 

The west coast MSC, known as the west coast party's home MSC, then 
queries a home location register (HLR) to determine the MSC currently nearest to the 
west coast party's digital wireless telephone. If the response to the query indicates 
the west coast party has roamed to a geographic region covered by a west coast MSC 
other than the west coast party's home MSC, the home MSC then delivers the circuit 
control signaling call request message to that MSC. The receiving MSC then 
continues the process of sending the circuit control signaling call request message to 
the west coast party. For the purpose of this example, assume the west coast party is 
currently within the geographic region covered by their home MSC and that the 
additional step of forwarding the circuit control signaling call request message from 
the west coast party's home MSC to another west coast MSC is not inquired. 

The west coast party's home MSC uses ANSM 36 line control signaling to 
reformat the circuit control signaling call request message back to a line control 
signaling call request message and sends the line control signaling call request 
message (via dedicated circuits) to a cell site which serves the geographic region 
20 where the west coast party's wireless telephone is currenUy located and registered. 

This west coast ceU site then transmits the line control signaling call request message 
through the air to the west coast party's wireless telephone. Once the west coast party 
answers the call to their wireless telephone, both parties can exchange voice 
information using the •'talkpath'' of PSTN circuits for the duration of the call. 

P®*" example, when the east coast party begins speaking into a microphone 
attached to their wireless telephone, the east coast party's analog voice signal is 
compressed by their wireless telephone using a 'Voice compression algorithm" 
executed by the cellular telephone. Using a voice compression algorithm to compress 
the analog voice signal into a low bit rate digital representation conserves the limited 
30 bandwidth resources available to wireless communication systems. The east coast 

party's digital wireless telephone then modulates a carrier frequency with the 
compressed voice signal and transmits the modulated signal through the air to the east 
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coast cell site. The east coast cell site demodulates the received voice signal and 
sends the demodulated signal to the east coast MSC which uses a voice compression 
algorithm to decompress the received voice signal. (Alternatively, decompression 
may take place at the cell site.) Decompression is needed to make the voice signal 
compatible with the 'talkpath" of circuits. The east coast MSC then perfomis an 
intemiediate encoding on the decompressed voice signal in accordance with a 
protocol such as G.711, and sends the G.71 1 encoded voice signal through the PSTN 
to the west coast party's home MSC using the previously established "talkpath." 

nie west coast MSC decodes the G.71 1 encoded voice signal, compresses the 
voice signal (using a voice compression algorithm), and sends the compressed voice 
signal to the west coast cell site. (Alternatively, the compression may take place at 
the cell site.) The west coast cell site then modulates a carrier fiequency with the 
compressed voice signal and transmits the modulated signal through the air to the 
intended west coast digital wireless telephone. The west coast digital wireless 
telephone demodulates the received voice signal and then uses a voice compression 
algorithm to decompress the received voice signal. The decompressed voice signal is 
then sent to the digital wireless telephone's speaker for the west coast party to hear. 
Voice signals transmitted from the west coast wireless telephone party to the east 
coast wireless telephone party follow the reverse of the above steps. 

Unfortunately, there are drawbacks to the above-described method of 
transmitting voice signals through the PSTN from one digital wireless telephone to 
another digital wireless telephone. First, the process of completing intermediate voice 
encoding slightly delays the transmission of the voice signals between the digital 
wireless telephones. Second, the process of completing intermediate voice encoding 
may either subject the voice signals to one or more compression/decompression 
cycles within the circuit switched network or subject the voice signals to voice 
"enhancements" that otherwise serve analog line telephones much better than digital 
wireless telephones. Third, decompressing and compressing the same voice signal 
two or more times while transmitting that voice signal from the sender to the receiver 
degrades the quality of the voice signal. Finally, the cost of transporting voice signals 
through the PSTN can be relatively higher than transporting voice signals through a 
data network such as the Internet. 
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Thus, a need exists for a technique which solves the above-described 
problems. 



Summar y of the Inventini^ 

The present invention provides a method for improving the sound quality of 
voice signals transmitted during a call between two digital wireless telephones by 
diverting the call fiom a circuit switched network to a data netwoik before the call is 
answered. In accordance with the present invention, a caU setup procedure using the 
circuit switched network is modified so that the calling party may detennine the 
following inforaiation: 1) whether the called party's digital wireless telephone is able 
to support one of the voice compression algorithms supported by the calling party's - 
digital wireless telephone and 2) whether both wireless telephones have access to the 
same data netwoik. If the called party's digital wireless telephone is able to support 
one of the voice compression algorithms supported by the calling party's digital 
wireless telephone and both wireless telephones have access to the same data 
network, the circuit switched networic call setup procedure is abandoned before the 
called party answers the call and the call is completed using the data networie. 

Brief Des cription of the Drawinp ? ^ 

Figure 1 is a block diagram of a system suitable for practicing an embodiment 
of the present invention. 

Figure 2 is a block diagram of a mobile switching center (MSC) in accordance 
with an embodiment of the present invention. 

Figure 3 illustrates a flow chart with steps for diverting a call fiom a circuit 
switched network to a data network in accordance with an embodiment of the present 
invention. 



Detailed Description 

The present invention improves the sound quality of voice signals transmitted 
during a call between two digital wireless telephones by diverting the call fiom a 
circuit switched networic to a data networic before the call is answered if the called 
party's digital wireless telephone is able to support one of the voice compression 
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algorithms preferred by the calling party's digital wireless telephone and if both 
digital wireless telephones have access to the same data network (The data network 
connections should also be able to maintain a quality of service (QoS) sufficient to 
cany of timely exchanges of voice signals). As a voice signal is transmitted from one 
digital wireless telephone to another digital wireless telephone through a circuit 
switched network, the voice signal may be encoded at least twice. First, the voice 
signal is encoded using a voice compression algorithm executed by the originating 
digital wireless telephone. The same voice signal may then be encoded in accordance 
with an intermediate encoding scheme to prepare the voice signal for transmission 
through the circuit switched network to the recipient digital wireless telephone. 
Encoding the same voice signal multiple times may delay the transmission of the 
voice signal, subject the voice signal to enhancements better suited for analog line 
telephones, and degrade the quality of the voice signal. The present invention 
eliminates the need for intermediate encoding and the drawbacks associated with 
1 5 intemiediate encoding by diverting a call, when possible, from a circuit switched 

network to a data network before the call is answered. 

Figure 1 is a block diagram of a system suitable for practicing an embodiment 
of the present invention. In Figure 1 , two cell sites (also referred to herein as "base 
stations") 102 and 104 are adapted for two-way wireless communication with digital 
20 ^reless telephones within the geographic region respectively coveted by each base 

station. Two digital wireless telephones 1 10 and 112 are within the geographic 
regions respectively covered by base station 102 and base station 104, Each of digital 
wireless telephones 1 10 and 1 1 2 is adapted for two-way communication with the base 
station having a foot print that includes the current location of these digital wireless 
25 telephones. Each digital wireless telephone may be, for example, an Ericsson DH3 1 8. 

Base station 102 is adapted to be connected to a line/network interface switch 
(referred to as a mobile switching center (MSG) within the context of wireless 
communication systems) 106 and base station 104 is adapted to be connected to an 
MSG 108. MSG 106 and MSG 108 are both known devices modified in acconiance 
30 with the present invention. These modifications will be discussed in greater detail 

below with reference to Figure 2. Both MSG 106 and MSG 108 are each adapted to 
be connected to a data networic 1 14 and a public switched telephone network (PSTN) 
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1 16. MSC 106 and MSC 108 need not be in the same wireless network. Data 
network 1 14 may be an Internet protocol (IP) network such as the Intemet. Although 
the embodiment of Figure 1 includes two base stations, two digital wireless 
telephones, and two MSCs; the present invention is intended for use v/ithin systems 
which include a greater or lesser number of each of these elements. 

An MSC is a known device which connects mobile units (such as digital 
wireless telephones) and base stations to the PSTN. The MSC also makes 
connections from the digital wireless telephones to called parties through the PSTN. 
The process of making connections to called parties through the PSTN may be 
accomplished using a network control signaling techniqtie as described above. 
Typical known MSCs comprise, among other components, a processor used to 
execute computer program code segments (software) stored within a computer 
readable segment of memory. Thus, an MSC may implement a network control 
signaling technique to make connections to called parties through the PSTN by using 
a processor to execute network control signaling software stored within a computer 
readable memory segment 

One example of a method according to Ae present invention is implemented 
by modifying known network control signaling software within one or more MSCs. 
Figure 2 is a block diagram of an MSC in accordance with an embodiment of the 
present invention. In Figure 2, an MSC 202 comprises a processor 204 adapted to be 
connected to a computer readable memory segment 206. Computer readable memory 
segment 206 stores computer program code segments which, when executed by 
processor 204, implement the main functionality of this embodiment of the invention. 
These computer program code segments modify known network control signaling 
software and are stored within a diversion module 208. Although in this embodiment 
of the invention, the computer program code segments are shown in one module, it 
can be appreciated that this module can be further separated into more modules and 
still fall within the scope of the invention. The operation of diversion module 208 
will be described below with reference to Figure 3. 

Figure 3 illustrates a flow chart with steps for diverting a call from a circuit 
switched network to a data network in accordance with an embodiment of the present 
invention. These steps may be implemented, for example, as a computer program or 
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as computer hardware using weil-known signal processing techniques. If 
implemented in software, the computer program instructions are stored in computer 
readable memory, such as Read-Only Memory (ROM), Random Access Memory 
(RAM), magnetic disk (e.g., 3.5" diskette or hard drive), optical disk (e.g., CD-ROM) 
and so forth. In accordance with one embodiment of the present invention, the 
computer program instructions are included within a diversion module 208 and 
executed by processor 204 v^thin MSG 106 or MSG 108. 

An example of a method in accordance with the present invention may be 
illustrated within the context of the above-described scenario in which an east coast 
wireless party wishes to complete a telephone call to a west coast wireless party. 
Suppose the east coast wireless party's digital wireless telephone, base station and 
MSG of the above scenario are respectively represented by digital wireless telephone 
1 10, base station 102 and MSG 106 of Figure 1 . Further, suppose the west coast 
wireless party- s digital wireless telephone, base station and MSG of the above 
scenario are respectively represented by digital wireless telephone 1 12, base station 
104 and MSG 108 of Figure 1 . Also for the puipose of this example, assume MSG 
1 06 has been assigned one or more IP address/port number pairs which (in general 
terms) represent coimection points MSG 106 may use to conununicate with other 
devices which have access to data network 1 14. Thus, digital wireless telephone 1 10 
has access to data network 1 14 via the IP address/port number pairs assigned to MSG 
1 06. In addition, suppose the steps illustrated in the flow chart of Figure 3 are 
executed within MSG 106. 

In step 302 of Figure 3, MSG 106 receives the line control signaling call 
request message which the east coast wireless party originated by dialing the west 
coast wireless party's telephone number using digital wireless telephone 1 10. This 
received line control signaling call request message may include, for example, a list of 
voice compression algorithms which may be supported by digital wireless telephone 
1 10. Upon receiving this call request message (including the list of voice 
compression algorithms) from digital wireless telephone 1 10, MSG 106 assigns each 
voice compression algorithm to an IP address/port number pair. In an alternative 
embodiment of the present invention, digital wireless telephone 1 10 may assign each 
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voice compression algorithm to an IP address/port number pair and include this 
infomiation in the line control signaling call request message sent to MSG 106. 

In step 304, MSG 106 reformats the received line control signaling call 
request message into a circuit control signaling call request message. This step entails 
modifying circuit control signaling call request messages currently generated using 
known network control signaling techniques to include the voice compression 
algorithm, DP address, and port number information. 

In step 306, MSG 106 sends the circuit control signaling call request message 
to digital wireless telephone 1 12 via PSTN 1 16, MSG 108, and base station 104 as 
described above. In step 308, the MSG receives a response message bom digital 
wireless telephone 1 12 via PSTN 1 16. The response message indicates whether 
digital wireless telephone 1 12 can support one of the voice compression algorithms 
on the list received ftom digital wireless telephone 1 10. The response message also 
indicates whether digital wireless telephone 1 12 has access to data network 1 14. In 
step 310, MSG 106 determines whether the response message indicates both wireless 
telephones can support the same voice compression algorithm. 

If, in step 310, both wireless telephones are able to support the same voice 
compression algorithm, MSG 106 proceeds to step 314. If, in step 3 10, the response 
message indicates digital wireless telephone 1 12 is not able to support any of the 
voice compression algorithms identified by digital wireless telephone 1 10, MSG 106 
proceeds to step 312 and continues the above-described process of completing the call 
set-up using PSTN 116, 

In step 314, MSG 106 determines whether the response message received 
fix>m digital wireless telephone 1 12 indicates both wireless telephones have access to 
data netwoiic i 14. If MSG 106 detennines digital wireless telephone 1 12 does not 
have access to data network 1 14, MSG 106 proceeds to step 3 16 and continues the 
above-described process of completing the call using PSTN 1 16. If MSG 106 
determines both wireless telephones have access to data network 1 14, MSG 106 
proceeds to step 3 1 8. In step 3 1 8, MSG 106 abandons the PSTN 1 1 6 call set up 
procedure before the west coast party answers the telephone call and completes the 
call set-up using data network 114. 
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If, after completing the steps illustrated in the flow chart of Figure 3, a 
determination is made that both digital wireless telephones can support the same 
voice compression algorithm and that both digital wireless telephones have access to 
. data network 1 1 4. digital wireless telephone 1 1 0 and digital wireless telephone 1 1 2 
5 may exchange voice signals via data network 1 1 4. The exchanged voice signals are 

encoded only once without the additional intermediate encoding which would have 
been required if the voice signals had been exchanged using PSTN 116. The east 
coast party's voice signals are thus encoded by digital wireless telephone 1 10 using 
the agreed upon voice compression algoridun; sent to digital wireless telephone 1 12 
1 0 via base station 1 02, MSG 1 06, data network 1 1 4, MSG 1 08, and base station 1 04; 

and decompressed by digital wireless telephone 1 12 using the agreed upon voice 
compression algorithm. The west coast party's voice signals follow the reverse of ^ 
this process. 

Another advantage of exchanging voice signals between two wireless 

* ^ telephones in accordance with the present invention relates to the a concept 

conunonly referred to as '*path minimization." When two wireless telephones 
exchange voice signals using a circuit sv«dtched networic, the voice signals pass 
through the circuit switched network regardless of where the two wireless telephones 
are located during the call. Thus, even if the two wireless telephones are currently 

2^ within the same geographic region serviced by the same base station, voice signals 

between these two vidreless telephones take the following path: ftom one of the 
wireless telephones to the base station, through the circuit switched network talkpath, 
back to the same base station, and then to the other wireless telephone, in accordance 
with the present invention, if two wreless telephones are utilizing the same base 

25 station, the circuit switched network talkpath is eliminated and the exchanged voice 

signals may follow a path fiom one wireless telephone to the previously selected IP 
address/port number pair assigned to the common base station and fi?om the common 
base station to the other wireless telephone. 

In another embodiment of the present invention. MSG 106 may make the 

30 determination of step 3 10 by checking for a separate response message from digital 

wireless telephone 1 12 at one of the IP address/port number pairs identified in the 
circuit control signaling call request message MSG 106 sent to digital wireless 

2685/113530 



10 

telephone 1 12-rather than using the response message received from digital wireless 
telephone 1 12 via the PSTN. In this embodiment, wireless telephone 1 12 and/or 
MSG 108 select(s) one of the voice compression algorithm choices received from 
digital wireless telephone 1 10 by executing steps to connect (via data network 1 14) 
to the IP address/port number pair assigned to the selected voice compression 
algorithm. If MSG 106 fails to receive a response message from digital wireless 
telephone 1 12 at any of the identified IP address/port number pairs, this indicates 
digital wireless telephone 1 1 2 is unable to support any of the voice compression 
algorithms supported by digital wireless telephone 1 10. 

In another embodiment of the present invention, MSG 106 (rather than digital 
wireless telephone 1 10) is the source of information indicating which voice ^ 
compression algorithms are supported by digital wireless telephone 1 10. 

In yet another embodiment of the present invention, the response message 
received by MSG 106 in step 308 is generated by MSG 108, or MSG 108 in 
conjunction with a home location register (HLR) which stores compression 
information for wireless telephones, or an HLR after MSG 108 receives the circuit 
control signaling call request message from MSG 106. In this embodiment, MSG 108 
stores information regarding voice compression algorithms supported by digital 
wireless telephone 1 12 and is thus able to respond to the incoming message (from 
MSG 106) requesting this information without sending this incoming message to 
digital wireless telephone 1 12. In this embodiment, MSG 108 sends either a selected 
voice compression algorithm or a list of voice compression algorithms which match 
the voice compression algorithm choices received from either the calling party's 
digital wireless telephone or the calling party's MSG. In the case where MSG 106 
responds with a list of voice compression algorithms, either the calling party's digital 
wireless telephone or the calling party's MSG may make the final decision on which 
voice compression algorithm should be used by the two digital wireless telephones. 
This decision may be made, for example, by contacting the appropriate IP 
address/port number pair. 

Although several embodiments are specifically illustrated herein, it will be 
appreciated that modifications and variations of the present invention are covered by 
the above teachings and within the purview of the appended claims without departing 
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from the spirit and intended scope of the invention. For example, although the 
method of the present invention is described in the context of wireless telephones, the 
method of the presem invemion is also applicable with various combinations of wired 
telephones and IP based computer telephones. Further, the cell sites (rather than the 
MSCs) may provide the digital vnnless telephones with access to the data network. 
In addition, the above-described method may be modified such that the call is 
completed using the circuit switched networic if the calling party's MSG does not 
receive a response message from either the called party's MSG or the called party's 
digital wireless telephone within a predetermined period of time. 
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